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A loudspeaker has a digital input signal port connected 
to a digital interpolator to increase the effective sampling rate 
whose output is fed to a signal delay and magnitude detector 
after which the short-term dynamic range of the input signal is 
possibly reduced before application to a unary encoder which 
encodes the digital input signal into a plurality of unary signals 
which are then differentially delayed and pulse shaped before 
application to a plurality of substantially -identical acoustic 
transducers via transducer drivers whose average power drive 
levels may be controlled by signals derived from the magnitude 
detector and from a human operator to alter the sound volume 
produced. 
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fMPROVFMFNTS IN OR RFI ATING TO \ Ot fDSPF AKIiRS 

Technical Field 

This invention relates to loudspeakers for providing sound from electrical signals which may be analogue or digital 
in nature. 

Background St Prior Art 

Conventional analogue loudspeakers are well known and highly developed. They rely for their operation on the 
motion of a diaphragm < usually a single diaphragm) which is driven by some type of electromechanical motor, 
moving coil being the most common, though electrostatic, piezoelectric and looisation devices have all been tried 
and used. The analogue loudspeaker as a whole attempts to reproduce the desired sound by moving ail or part of the 
diaphragm closely in synchronism with a smoothly varying analogue electrical signal which is usually interpreted as 
representing the instantaneous sound pressure that a Listener to the loudspeaker device should hear. The inherent 
limitations of such analogue loudspeakers are related to: 

the finite (non- infinite) stiffness of the diaphragms used (bending causes the diaphragm to not move as a rigid 
body, causing sound distortion, sometimes called "diaphragm break-up") which is a serious problem at the 
higher audio freqencies in any device where the diaphragm is not driven with a uniform force per unit area over 
its entire extent which is the case in most loudspeaker types except electrostatic devices. Exotic high -stiffness 
materials have been used to minimise this problem: 

the finite (non-zero) mass of the diaphragms used (mass causes the diaphragm to have significant inertia so 
that the loudspeaker dynamics are no longer dominated by the mass and resistance of the air which is to be 
moved to generate the sound) limit the rate of change of diaphragm velocity that can be achieved with practical 
motors and again cause problems at the higher audio frequencies. In general the previously mentioned stiffness 
Limitations and the mass limitations interact - a diaphragm of a given material may be made suffer but only 
usually at the expense of added mass: 

the linearity and efficiency of and power available from electromechanical motors with adequate 
bandwidth (say 20Hz to 20KHz) A physically biggeT motor will generally allow greater poweT output but 
because of limitations on materials and heat removal capacity the power output tends to rise as the square of 
the linear dimensions whereas the mass of its moving parts will increase roughly as the cube of its linear 
dimensions resulting in its bandwidth falling because of the smaller high-frequency limit on performance 
There are also beat removal problems associated with small but high powered motors which limit the materials 
usable: 

the acoustic power deliverable at the lowest operating frequency of a loudspeaker of a given frontal area 
is directly proportional to the maximum amplitude the diaphragm can achieve whilst operating within its 
approximately linear region (sometimes known as the "throw") Moving coil motors impose limits on the throw 
as the working section of the coil must at all limes move in a linear magnetic field if its output is to be linear, 
and there are practical Limits on the length of uniform field achievable with practical magnets, and practical 
limits on the overhang allowable of moving coils beyond magnet gaps. The diaphragm suspension, whose 
function is to keep the diaphragm centred axialry during motion and longitudinally in the no-drive condition. 
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also imposes limits on the throw achievable with acceptable Linearity In general the suspension will produce 
a restraining force proportional to (he deflection of the diaphragm from its rest position and at low frequencies 
where such forces generally dominate this will produce significant non- linearities, which may be overcome by 
position-feedback systems, but at the expense of increased power dissipation and heating of the motor, and 
w hich methods cause v ery audible distortion once the limit of their control region is approached, giving rise 
to very poor overload response. Electrostatic loudspeakers impose other limits on throw, at least in part 
because of the requirement of close spacing of driver electrodes to the diaphragm in order to produce 
reasonable output power from relatively low drive voltages As the electrode spacing produces an absolute 
limit on diaphragm throw there is no way around this problem other than to use higher drive voltages or larger 
diaphragms in order to achieve higher acoustic power. Piezoelectric motors have inherently very small throw 
because the piezoelectric effect is a small effect (typically, direct deflections of < 10 *m/voll are available 
though these are generally increased by some sort of mechanical lever, e g a "bender" configuration) ; 
a compromise solution to some of the abovemenuoned limitations is to array two. three, or even four narrow- 
band loudspeakers each optimised for operation over their respective freqency range, whose overall limits 
cover the whole audibfe hxqueocy range. Input signals are split into suitable frequency bands by a "crossover" 
unit (some combination of lowpass. bandpass, and higbpass filters) either pre- or post- power amplification. 
This technique merely reduces the limitations described, whilst introducing problems of its own including non- 
uniform frequency response in the cross-over regions, imbalance between the individual loudspeaker bands, 
phase distortions due to the filters, power loss and reduction in damping for post-amplification filters, and 
increase in cost and complexity for pre- amplification filters: 

the nett effect of all the abovemenuoned (plus other) causes of nonfoeanty . result in a distortion figure for 
a good quality hi-fidelity loudspeaker rarely better than about 1%. Even very expensive and state of the art 
devices cannot achieve distortion levels much better than 0.5% over the audible range as a whole; 
because the mast of the air moved by a diaphragm is generally very much smaller than the mass of the 
diaphragm itself (less so in an electrostatic loudspeaker) and because the viscous resistive reaction forces of 
the air on the diaphragm are generally much smaller than the spring force produced on the diaphragm by its 
suspension (again, less so m the electrostatic loudspeaker), a great part of the electrical driving power applied 
to the loudspeaker motor is consumed tn moving the loudpseaker components and only a small part in moving 
air or creating sound power Thus, such loudspeakers are highly inefficient. Horn loading of a suitable 
loudspeaker can increase its efficiency bul unless the horn has a small flare constant non- linearities can 
become significant, and the physical size of a horn lor operation at the lower audio frequencies can be 
unpractically large. A typical hi-fidelity loudspeaker (nay have an efficient (acoustic power output divided 
by electrical power input) of order of 1%, with horn budspeakers perhaps going as high as 30% to 40% within 
their frequency range; 

the enclosure m which the analogue loudspeaker unjt(s) is/are housed also has a very significant effect on the 
output sound quality and the nature of current technology generally results in enclosures which are either heavy 
or large, or both, if hi-fidelity reproduction is to be achieved at significant power levels For domestic use, 
bulky enclosures are a distinct disadvantage Bulky enclosures are also problematical in portable sound 
reproduction systems such as those used for concerts by travelling performers; 
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because of the linear drive requirements of most analogue loudspeakers, linear curving amplifiers of 
appreciable power are required, and standard high quality Class A designs are themselves quite inefficient (say 
30%) whilst even Class B designs where very- low distortion is harder to achieve are rarely better than 60%. 
Pulse width modulated amplifiers (PWM) have been used and their efficiencies can be much higher, in the 
90%-95% region, but arc difficult to produce lo the most exacting hi-fidehry standards of low noise and low 
distortion. Taken lo pother with the low efficiency of the loudspeakers themselves, die combination of a linear 
analogue amplifier and a linear analogue loudspeaker will often have an electrical power input to acoustic 
power output efficiency as low as 0.3% and in hi-fkiehry. rarely higher than 1%. This is a problem for portable 
battery operated equipment as die size and weight of the batteries can be considerable and most of their energy 
is wasted as heat. In domestic audio systems the wasted heat has lo be removed to keep die equipment within 
its operating temperature range and generally results in larger heatsinking areas than would otherwise be 
necessary. 

With the current prevalence of high quality digital audio material available, frequently in 16-bit binary format with an 
inherent distortion level of close to 0.002%, it is clear that analogue hi-fideliry loudspeaker systems operating close to 
the 1% distortion level (500 times worse) are now the limiting factor in audio quality when listening to reproduced sound 
(including radio, television, compact discs (CD), and digital tape). Recent trends in electronic equipment have also been 
to minimise power consumption, not only to reduce power wastage, but also to reduce equipment operating temperatures 
thus allowing miniaturisation and high reliability, as well as portability, and allowing operation from small batteries. 
Again, the linear analogue power amplifier/loudspeaker combination operating at the 0.3% to 1% efficiency level is out 
of step with these trends. Lastly, even though digital audio source material is now commonplace and becoming 
increasingly so w ith the advent of digital radio and television, all conventional hi- fidelity sy stems for the reproduction 
of digital source material need to contain a digital to analogue converter (DAC) at some point in die system, to produce 
analogue signals for application to the analogue loudspeaker. The OACs themselves produce further noise and distortion 
that adds to that already present in the system, and also add extra cost. 

Manv attempts have been made to develop a digital loudspeaker design mat overcomes some or all of the limitations 
of analogue loudspeakers mentioned above. These fall into several categories: 

Pseudo-digital loudspeakers w herein a device w ith a digital input terminal contains digital signal processing 
(DSP) equipment that is used amongst other purposes to compensate the input signals for the known distortions 
produced by the linear amplifier and analogue loudspeakers also contained within the device and which create 
the output sound. Such a system is able to produce marginally unproved distortion performance overall, but 
no improvement in efficiency, and still has a distortion figure significantly worse than 0.1%. It inherently 
suffers from all the limitations previously described, but compensates slightly tor some of them using the DSP 
system. 

Moving Coil Digital Loudspeakers w herein a tapped "voice-coil" (i.e. divided into multiple sections) is used 
on an otherwise conventional analogue moving coil loudspeaker. The idea is that if the taps are connected to 
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different numbers of turns, wbere the tums-rttio between the tips is of the form 1 :2:4:8: 16:32:64:1 28 :256:etc 
then direct bmarv digital input to the taps -.vill produce a ne, ampere-rum effect u, the voice cod equivalent to 
that of the unear agnd being represented by the btnary digiul signal. The dev.ee 1S fl.wed m pnKttce because: 

a) It relies for its operation on a conventional (linear) movmg coil loudspeaker and thus brings 
with it aU the problems of that device, (and alleviates none ol them). 

b) As conventional kwdspeakervo.ee coils have only a small number of turns (typically 30 to 
100). dmding this accurately into as few as 8 binary-related turn taps requires a frctioual turn lap 
for one or more of the least significant b.ts w.th all the attendant accuracy problems, grven that the 
tap wires have to be brought out from the narrow air gap in .he magnet wherein lies the voice cod. 
Extending the device to 10 or 12 bits is unpractical Thus the device is already operating at around 
the 0.5% to 1% error (distortion) level. 

c) Because the tapped voice cod is driven by binary d.g.tal signals, whenever an aU-the-ones 
code changes to the next upwards code a large transit occurs because of inevitable skew m the 
timing of the signals, inductive spikes caused by the leakage inductance of the separate voice coil 
sec*** ,»d due to imprecision m the matching and symmetry of the separate tapped sections. Thus 
force-output linearity is generally much worse than current-tnpu. linearity fed to the tapped sections 
by the digital driver, resulting m additional output distortion ov er and above that described above for 
the analogue loudspeaker alone. 

Those relying on piezoelectric and electrostatic drivers, where the area of the diaphragm is divided into 
separate reg.ons whose areas are in the ratios 1:2:4:8:16:32:64:128 256:5.2 etc |see e g Etude d'un Haut- 
paHeur p^lectnaue assurant la cannon nunenaue^o^, m ACUSTICA Vol.60 0986, by 
Bnssaud M. and D. Notentun: ah*> see Japanese Pats. JP 8365856 ,,304,4, JP H25236. JP 3 1 06300. JP 
581 V897 JP 89244151). Because the total driving force appbed to an electrostatic speaker s diaphragm is 
propone to the diaphragm area, feeding binary d.git.1 signals dinxtiy to such btnary-related areas via 
separate conductors will in principle produce an appropriate force on the diaphragm for any particular digital 
,„pu, signal In practice there are serums problems with getting .he areas precisely in the ngh, ratio when 
uking into account edge effects, plus transient problems a, code change points as described above tor the 
upped voice coil digital loudspeaker. Lastly, the device rebes on the inherent linearity of die electros,.*: 
toudspeaker (winch is a. best approbate in a real device) and c.mcs with it .11 of die problems of size, cost 
and complex* th.« the conventional linear electrostatic loudspeaker has Similar considerations apply to die 
piezoelccnK digital loudspeaker (here fore ,s again proportional to area of electrodes on the ptezo maten.l) 
bu , additional problems arise if one piece of piezo materia. ,s to be used for the whole device as such a large 
piece (8S wouk. be neuied for high output) would be expensive (duTicul, to make) and edge effects .gam cause 
problems A vanation on tins theme is to be found in U.S. Pat. 4515997 where die binary-related areas are 
f^dhxm., appropriate ---^r of equal area tran*lucers (, c 1.2.4.8. ,6. 32. etc) each such group 
bemc driven in parallel bv the same pulse signal. This ,s claimed to help with the problems of mass production 
of me transducer elements (as they are all klentical) bu. as they are switched in groups of binary-related sizes 
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they still suffer from the matching and transient problems at code change points as previously described for 
the tapped voice -coil case. 

Pube-nidth-modulation (PWM) has also been used in the context of "digital loudspeakers". Here an analogue 
or digital input signal is converted into a two- level (binary in some sense) digital waveform whose 
instantaneous mark-space ratio is proportional to the instantaneous value of the input signal, with 50% mark- 
space ratio corresponding to zero input signal. The frequency of the PWM waveform may or may not be 
constant but needs to be much higher than the highest input frequency , and for audio applications this implies 
it must in practice be greater than about 40KHz. So long as that criterion is satisfied, the actual frequency is 
not critical. With a digital input signal, it is possible to produce a PWM waveform entirely digitally. However, 
when it comes to producing sound output, the PWM signal is applied to conventional linear transducers (e.g. 
moving coil loudspeakers). The result is that the inertia of the transducer causes it to respond to the average 
value of the PWM waveform (which instantaneously is the same as the mark -space ratio) which in turn is equal 
to the instantaneous value of the input signal. Sound is then produced corresponding to the input audio signal. 
As the device relies on the linearity of the transducer, this system has all of the disadvantages of analogue 
loudspeakers phis some extra ones related to the PWM conversion process, and so is really a digital amplifier 
technology, not a digital loudspeaker technology. It does have the virtue of higher efficiency than linear 
amplification. It is mentioned here for completeness. 



General problems encountered when using binary digital coding at the output transducers: 

All previous attempts at building a digital loudspeaker system have assumed that binary digital code was the digital 
signal medium, not only at the input of the device (which is a reasonable assumption in practice) but also right through 
to the output transducers. This causes serious technical problems in practice. 

In an n-bit system, the transducer used for the least significant bit (LSB) of die output operates at a power level 2~ 2 times 
less than the most significant bit (MSB) (discounting an assumed sign bit included in the n-biis) In an 8-bit system (the 
least that is useful tor reasonable sound reproduction) there is thus a 64 times power ratio between MSB and LSB 
transducers. Because of the necessarily mechanical nature of sound producing devices (sound is a mechanical movement 
of air) this wide dynamic range imposes serious design constraints on the types of devices used for LSB and MSB 
transducers, and thus makes matching of the devices very difficult • the problems are much worse when one considers 
a more realistic 10 or 12 bit sy stem where the ratios in power levels between the MSB and LSB transducers are then 
of the order of 250 to 1000 times, and for a 16-bit system the ratio rises to greater than 16000. 

In a binary * weighted transducer (or muLsducer-array ) sy stem, there are serious transient problems caused at points where 
the code changes from a value with many consecutive low order zeroes or ones to the next level (up or down) where 
there are many consecutive low order ones or zeroes. For example, consider a 9 -bit binary code where the signal level 
changes from (decimal) 255 10 = (binary) 0 1 1 1 1 1 1 11 : to (decimal) 256 t0 = (binary) 1 00000000 At this transition* the 
signal itself has changed by one least significant bit Le. a very small change. The binary code representation has changed 
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of the air being moved by the diaphragm) will its motion be of approximately constant velocity when driven by a square 
drive pulse, and only in this case will the output acoustic pulse be approximately oi square pulse waveform. Whr this 
means in practice is that electrostatic transducers with exceptionally light diaphragms (which constitute the only moving 
mass in this rvpe of transducer) are the only devices where a square drive pulse might be expected to produce an 
approximate Iv square acoustic output pulse. 



Definition of 7 Vnn« used in the Disclosure. Abstract & Chimi 

A digit is a single symbol representing a unique integer number. A decimal digit can take on any of the ten values 0. 

1. 2. 3 8. 9 Decimal integer positional notation uses the normal convention that digits within a decimal number 

represent factors tunes powers often, with the right hand digit representing a factor tunes 10° = I , the 2nd digit from 
the right a factor times 10 1 = 10. the 3rd digit from the right a factor times 10 2 = 100. etc. The value of the number 
represented by the decimal positional code is the sum of the factors times each of their respective powers of ten. So. e.g. 
357 10 « 3 x 10 2 + 5 x 10' + 7 x 10° « 300 + 50 + 7 = 357. 

A binary digit can take on either of the two values 0. 1 . Binary integer positional notation is similar to decimal integer 
positional notation except powers of two are used instead of powers of ten. Thus the 4th binary digit from the right in 
a binary positional integer represents a factor of 1 or 0 tunes 2 \ So. e.g. 

11010,= 1 x 2* + 1 x 2 J + 0 x 2 : + 1 x 2 1 + 0 x 2° = 16 I0 + 8, 0 + 0 + 2 l0 * 0 = 26 l0 

A unary digit can also take on any of the two values 0. 1 or alternatively can be defined to take on only the single value 
I. and its absence is then used to represent 0 somewhat as in Roman Numeral notation. Unary integer positional notation 
is smnlar to binary or decimal positional notation except that integer powers of one are used instead of powers of 2 or 
10. As all positive integer powers of 1 are equal to I . it is clear that with a unary representation, all digits have equal 
weight and that weight is unity and that the position of a unary digit in a unary positional notation number is irrelevant, 
only its value of 1 or 0. or alternatively . its presence or absence, having any significance. Thus the 4th unary digit from 
the right in a unary positional integer represents a factor of I or 0 times 1 3 = I . and the first unary digit at the right 
represents a factor of I or 0 times 1° = I So. e.g. 

11010 : = I x I- + I x l ? -0x 1 : - I x T + 0x l° = 1 10 ^ I 10 + 0+ 1 (0 + 0 = 3 10 . 
which Ls just the number of I -digits in the number Thus digit position becomes irrelev ant in unary numbers It is for 
this reason that the 0 is uot needed since its use as place-keeper in positional notations is irrelevant in the unary case. 
Thus we may just as precisely write the number 110 10, as 1 1 1 . with both representations hav ing the decimal value 3 l0 . 
Unary numbers are simply a formal name for the marks people frequently use for la I King when. e.g. counting items. 
It ts important to realize that in unary representation it is the number of one-digits that matters, not the position of the 
one-digits Note also dial an unsigned \ digit unary code can represent V+ 1 different values, because zero is represented 
by all the unarv digits being 0 or absent and does not need an additional unary digit A signed X digit unary code where 
one particular digit is reserved to represent the sign often number (e.g. 0 for positive. I for negative) can represent 2.\ - 1 
values (i.e 0 and ± I to ±.V- 1 ). It follows, that where a digital signal is to be represented in unary code, that a unipolar 
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As the transducer array is distributed in space, either in two or three dimensions, a listener will be distanced from the 
transducers bv varying amounts, dependent on the position of any particular transducer in the array, with the effect that 
acoustic pulses emitted simultaneously by the transducers will arrive at the position of the listener at different times. This 
effect can be corrected bv introducing a delay means for differentially delaying the input signals to the transducers in 
dependence upon their distance from the listener such that the acoustic pulses from all the transducers resulting from 
a single input signal change to the loudspeaker arrive at the position of the listener simultaneously. Further, the delay 
means may be adjustable to vary the delays applied dependent upon a chosen, and possibly varying, position of the 
listener. 



According to another aspect of the invention a loudspeaker comprises a plurality of pairs, triplets or quadruplets of 
transducers arranged m a two or throe dimensional array, each transducer of a pair, triplet or quad capable of converting 
an electrical signal into a sound wave, wherein the pairs, triplets or quads of transducers are capable of being driven each 
independently of all the other pairs, triplets or quads by unary encoded signals representative of the sound to be produced 
by the loudspeaker, with each of the transducers comprising a pair, triplet or quad of transducers being positioned in the 
array such thai the position of the centre of gravity of each pair, triplet or quad taken asa whole lies as close as possible 
to the vertical or horizontal centre lines of the array, or both, and in the case of a three dimensional array as close as 
possible also to the front-to-back centre line of the array, in such a way as lo localise the perceived sound from the 
loudspeaker to as small an area near the centre of the array as possible 

The output sound produced bv the array of transducers is the additive effect of the individual sounds produced by the 
individual transducers. No individual transducer reproduces the desired sound. In the case where the level of drive to 
each transducer is fixed, quieter sounds will be reproduced as a result of activation of a smaller number of transducers 
than louder sounds. The effect of encoding the input signal into a unary formal is that an .V/ out of -V encoding is 
produced where X is the number of distinct levels representable by the input signal and is also the maximum number 
of transducers required and hi is the instantaneous input signal level and is also the number of transducers activated by 
that input signal level. Unlike a binary coding (or any other higher order position-weighted coding system such as 
ternarv. decimal etc } a unary coding has the property that each individual unary digit represents the same identical value, 
i.e. one (arbitrary ) unit, and it is solely the number of unary* digits present or active that corresponds to the value of the 
number represented by any particular unary digital code word. Thus unary coding has the unique property amongst all 
digital codes, that all members of a particular subset of individual unary digits are always off. inactive or absent when 
the value represented bv a code word is below some specific number and one or more of them are always on. active or 
present when the value represented by a code word is equal to or above that same specific number. ITic relevant feature 
of this property 10 digital loudspeakers is that using a unary encoding scheme at the output transducers completely 
eliminates the serious problems encountered when using a binary, ternary or higher -order digital representation scheme 
at the output transducers, which problems include the large transients produced when such higher-order codes traverse 
a value where a higher order transducer turns on or off and all lower order transducers turn off or on simultaneously This 
is because in a unary encoding scheme it is not required that the effect of one transducer being turned on should partially 
cancel the effect of other transducers being simultaneously turned off. In fact in any given (unipolar) transition 
whatsoever of input digital word value, unary transducers will either be turned on. or turned off. or neither, but never 
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quadruplet are mounted at the comers of a rectangle whose centre is approximately coincident with the centre of the 
loudspeaker array, so that their resultant effect is more closely similar to the effect thai would have b.cn achieved by 
locating all four transducers very close to the centre of the array. In this w ay. the undesirable horizontal and vertical 
spatial effects of a large array of transducers may be reduced. The method may be extended to other numbers of grouped 
and paralleled transducers (e.g. triplets located at the vertices of equilateral triangles whose centres arc approximately 
coincident with the centre of the loudspeaker array, quintuplets, sextets, etc.) This mechanism helps to localise the 
perceived source of sound for a Listener because of the psychoacoustic effects in the car and brain which cause a group 
of 2 or more similar pulses heard closely spaced in lime to be perceived as a single pulse at the average time of arrival 
of the separate pulses. The effect of spacing pairs, triplets, quadruplets or greater numbers of transducers syiruncthcalK' 
about the centre ol the array, all simultaneously activated by one of the unary driv er signals, is to give the appearance 
to a listener that the source of the sound is very close to the centre of the array of transducers, independently of the actual 
location of the transducers in the paralleled grouping, so long as their joint centre of gravity (or centre of spatial 
symmetry) lies close to the centre of the array. This technique allows the construction of a large digital loudspeaker 
oompnsed of array s of transducers where die spatial extent of die array is comparable to the distance of the listener from 
the loudspeaker, whilst still producing the illusion of being a spatially small sound source with a definite location, close 
to the centre of the array. 

In order to reduce the acoustic emission of the loudspeaker in the frequency region above the limit of human hearing 
(uhrasonjc emission), e.g. at frequencies greater than about 20 KHz. an acoustic low pass filter may be added between 
the output transducer array and the Listening space. This may be implemented by the positioning of an appropriate 
quantity of material with high sound absorption in the region above 20 Kl iz and low sound absorption below that 
frequency, between the acoustic ouput transducers and the listening space. This is desirable since domestic animals are 
frequently sensitive to such high frequency acoustic emissions and may be alarmed or distressed by them. 

A second approach to reduce such ultrasonic emission from the loudspeaker is to increase the digital sampling rate as 
much as possible. Standard digital audio material such as that available from compact discs and other common sources 
has a sampling rate in the 40KIlz to SOKIlz region. When reproducing a 20K1 1/, audio input signal with such a sampling 
rate, onlv two or three samples will occur within each cycle of the input signal. II the same sampling rate is earned 
through all the way to the acoustic output transducers, significant acoustic energy uili be emitted below 1 00 KHz and 
smaller amounts at higher frequencies If the sampling rate is raised to e.g. 100KJ Lz then the lowest strong supersonic 
emission wdl occur at a significantly higher frequency and its amplitude will be proportionately less than that of the 
components previously present. A method of raising the effective samp Imp rai is to digitally interpolate the input signal 
to the toudspeaker Such a process Is already done in digital signal processing systems including for example the digital 
to analogue conveners used in the better quality Compact Disc players, principally to ease the electrical filtering 
requirements alter the conversion to analogue electrical signals, f lere a similar interpolation process is used to ease the 
acoustic filtering requirements after digital to analogue sound conversion. 

The encoder means may have a plurality of parallel outputs corresponding to the number of unary signals and the 
number of transducers. An alternative arrangement is for the unary signals to be compressed in time and for the encoder 
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The encoding means may have grouping means for dividing n input binary digits or bits (if the input were binary ) into 
k groups of n k bits and may then have a plurality of encoders corresponding in number to k each with n k input bits, and 
each with a much reduced number of logic gates, the transducer drivers men having some additional gating. 

The encoding means lor producing A' unary signals from n input binary (e.g. ) bits, where \-2 m - 1 or if one of the n input 
bits is used as a sign bit then .V=2"" 1 - 1 . may be built in a modular fashion so that a number of identical encoding sub- 
modules may be connected to a data bus carrying the complete input binary (e.g. ) data words representing the electrical 
input signal to be reproduced as sound. The encoding sub-modules, which are each designed to encode P unary digits 
where P<\ and where usually there would be O such modules such mat PxO = V. may be pre-programmed before 
activation as encoders by sending to them control signals via a control bus and programming data via the data bus or the 
control bus such thai each of the Q sub-modules after programming is responsive to a different group of P input signal 
levels and encodes just that group of P input signal levels into P unary output signals. The nett effect is to encode all .V 
possible input signal levels into PxQ = .V unary output signals but without the complexity of a brute-force n-bit binary 
(e.g.) to unary encoder, instead using Q identical modules which are easier to design and mass produce, and also easier 
to expand to different numbers of input signal bits n The programming system may be made extremely simple by 
arranging for each of the O encoder sub-modules lo contain a flip-flop, and arranging for the control-bus connection 
between die modules to interconnect the O flip-flops so as to form a serial input shift register. At programming time a 
single pulse is introduced to the input of the shift-register so formed and which shift register is physically distributed 
■twinge all O encoder sub-modules, and which is then clocked via a common clock signal present on the control bus. 
through the shift register one flip-flop at a time. As only one pulse is introduced into the input of the flip-flop during 
programming, only one module can contain the pulse after each clock pulse has moved it to the next stage, and therefore 
if the flip-flop in each module is used to activate that module for programming if and only if it contains the shifted pulse, 
each module mav be f *i ' * y i wm n>y* uniquely in turn by introducing programming information onto the common data bus 
for example, and a |m yi» minp pulse onto the control bus common to all modules whereupon only the module 

containing the shifted pulse in its flip-flop will respond to that programming instruction. Thus by shifting the pulse 
through the O modules one module at a time by means of the clock signal and issuing programming information after 
each such shift operation, the entire chain of modules may be programmed each with information specific to that module, 
even though the modules are logically identical and have no unique address as such. This module programming 
technique is widely applicable to any programmable modular structure connected to a common bus and is not restricted 
in its use to the digital loudspeaker design presented here. 

The encoding means for convening digital input in one form. e.g. binary , to unary digital output, may be simplified 
where the input form represents a signed quantity, by taking the sign information outside of the encoding scheme and 
using it together \* ith the encoder outputs to control the transducer drivers or pulse shaping means directly to control 
the sign of the output signals. In the case of a binary to unary encoder with n input bits, where one of the input bits is 
a sign-bit if the other n- \ bits are fed to an unsigned n- 1 bit binary to unary encoder and the 2*'- 1 unary digital output 
signals are ted to the transducer drivers together with the input binary sign-bit. a considerable saving in circuitry results 
with no loss of information. 

r-- 
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Because unary code has no sequential all -ones to all-zeroes adjacent code changes (unlike binary for example, as is 
illustrated by when it changes &om 255 l0 = 01 1 1 111 IK to 256 l0 = 100000000-) there are no transients in a unary based 
digital loudspeaker associated with such digital pattern changes. 

Because the transducers are all identical and each has unit weight (i.e. has only to produce the ourpul required for the 



are irrelevant as they are identical for each transducer, which is all that is required. 

Because the transducers all handle exactly the same power level there are no engineering problems associated with 
matching devices operating at vastly different power levels. 

Each transducer turns on and off at most once during each cycle of a sinusoidal audio output waveform independent 
of the digital sampling rate, so the output transducers are not required to have bandwidth significantly greater than the 
bandwidth of the audio signals to be reproduced. 

The performance required of the transducers is independent of the resolution (number of bits) required of the digital 
loudspeaker - one simply needs to add more identical units for higher resolution. 

The unary digital loudspeaker system that is the subject of this invention works because the pressure generated by M 
transducers being turned on is M times the pressure generated by one transducer being turned on. As M transducers are 
turned on when die input digital code represents the number M then the output sound pressure is a faithful reproduction 
of the input signal. Because binary (or higher order encoding) is not used at the output transducers, a unary encoded 
loudspeaker is not subject to any of the distortion generating problems previously described here resulting from binary 
or higher encoding at the output transducers. 

Because sound is a longitudinal wave and can require both increases and decreases in pressure, it is in practice preferable 
to provide both positive and negative pressure changes. These can be produced with separate positive and negative 
pressure transducers, or with the same transducers driven in a bipolar manner. To reproduce silence, all transducers arc 
turned off. To produce a positive pressure die front face of the transducers is made to move outwards relative to the off- 
state. To produce a negative pressure the front face of the transducers is made to mov e inwards relativ e to the off state. 
If separate unarv digit signals from the output of die binary to unary decoder represent positive and negative pressures, 
it is possible lo either apply these signals to separate positive-pressure and negative-pressure producing transducers, or 
to drive individual transducers in a push-pull or bipolar manner, with a pair of unan signals driving each one. The latter 
scheme reduces the number of individual transducers required for a digital loudspeaker of a given resolution by a factor 
of two. Alternatively, the sign bit of a binary mput signal may be omitted from the binary to unary encoder and separately 
used to control the polarity of pressure pulses from the acoustic transducers driven by the (positive) unary outputs of 
the encoder. This scheme also reduces the number of transducers required for a digital loudspeaker of a given resolution 
by a factor of two. 



smallest incremental change in output (i.e. I bit)) they are low power devices, cheap and easy to make and edge effects 
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Fig. 8 illustrates the essential inputs and outputs of an /i -bit unipolar binary to unary encoder with typical complexity 
of - (n- 1 )2 n simple logic gates. 

Fig. 9 illustrates a method of assembling an //-bit unipolar binary lo unary encoder from two /n/2)-bit binary to unary 
encoders and some additional simple logic. 

Fig. 10 illustrates details of one of the simple additional logic blocks shown in Fig. 9. 

Fig. 1 1 illustrates a scalable and extendable bus-based binary to unary encoder constructed out of a plurality of identical 
logic modules connected to the bus and programmed by a bus controller. 

Fig. 12 illustrates in greater detail the possible structure of one of the bussed modules of Fig. 1 1. which encodes a 
specific range of the input signals applied to it. into unary. 

Fig. 13 illustrates details of the simple flip-Hop logic incorporated into each of the modules of Fig. 11 , in order to allow 
each to be uniquely programmed by the bus controller illustrated in Fig. 1 1 . 

Fig. 14 illustrates an example unary signal waveform and associated suitable drive waveforms for acoustic transducers 
with various dynamical properties in order to produce acoustic pulses of approximately square shape. 

Fig. 15 illustrates simplified logic for a digital pulse width modulation (PWM) system for producing linear ramp PWM 
waveforms from a unary signal and a sign (polarity) signal. 

Fig. 16 illustrates the conventional manner of interconnecting the counters and the magnitude comparator thai are 
components of the sy stem shown in Fig. 15. 

Fig. 1 7 illustrates ttpical PWM waveforms produced by the circuit of Fig. 1 5 with the interconnection pattern shown 
in Fig. 16. 

Fig. 18 illustrates an unproved method of interconnecting the counters and magnitude comparator of Fig. 15. 

Fig. 19 illustrates the improved PWM waveforms produced by the interconnection pattern of Fig. 18 when applied to 
the circuit of Fig. 15. 

Fig. 20 illustrates a simple logic circuit lor producing a dual bipolar impulse drive for a transducer with inertia- 
dominated dynamics 

Fig. 2 1 illustrates typical waveforms for the circuit shown in Fig. 20. 
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positive or negative quantity, and where A' = 2* 1 . and where the principal function of the encoding is that when the 
(positive) magnitude ot the n-bit input signal is equal to A/ then A/ of the A - 1 non-sign unary signals •* ill be turned on 
(i.e. logic one) and the remainder turned off (i.e. logic 0). The V output signals including the sign signal from the encoder 
2 are applied to the transducer drivers 3 which convert (ho A unar> signals from the cucoder 2 into A - 1 sols of signals 
of appropriate current, voltage, pulse shape and polarity to separately drive A - 1 acoustic output transducers shown 
collectively in Fig. I at 4 to which the transducer drivers 3 are connected. The V- 1 sets of signals may be each a single 
bipolar signal with all A- 1 transducers sharing a common return (not shown), or alternatively, may each be a pair of 
push-pull signals. The set of A - 1 acoustic output transducers 4 each of which is substantially identical to the others 
convert the electrical drive signals into uniform acoustic pulses each of amplitude a and polarity as indicated by the input 
sign bit. As the action of the encoder 2 is to activate A/ of the A - 1 non-sign unar> signals when the digital input signal 
has magnitude A/, each of which results in an acoustic pulse of amplitude a being emitted, the total emitted amplitude 
from the array of transducers is \i\a~ A Thus the total acoustic output pressure from the system illustrated in Fig. I 
has the same polarity as the input signal and amplitude A / x a when the digital input signal has magnitude A/, and thus 
faithfully reproduces as sound the digital electrical input signal albeit with some quantisation noise dependent on the 
number of transducers A'- 1 . 

The input buffer 1 is straightforward and will not be described further. The unary digital encoder 2 may be implemented 
in any of the standard ways familiar to those versed in the art of digital electronics, including suitably connected gates, 
programmable logic devices and read-only memory look up tables. The definition of the decoding function to be 
implemented will be iUustrated tor the case of an * -bit signed binary input. The encoder 2 will then have /? binary inputs 
b 0 » bj. b ; . ... b^,. and A outputs Uq. u,. u : . ... u v .,. where A' = 2""' The output il, will be the unary output sign signal 
indicating whether the unary output number whose magnitude is encoded in the remaining A- 1 outputs is to be 
interpreted as positive or negative. 1 1 is defined as: u* = b^,, where binary input b^, is the sign-bit of the input signal. 
The remaining n-\ binary inputs b^ b,. b : . ... represent an unsigned binary u umber whose magnitude i may range 
between 0 and 2"" 1 - 1 = A - 1 . The remaining A'- 1 unary outputs u t . u». ... u v i . are defined as: 

u, = O if 1" /. otherwise u, ~ 1 . for 0 < / ** .V 
Thus d T = O (which is < 1 ) then all of the unary outputs are zero. Otherwise, there arc I unary outputs with value I 
when the input binary magnitude ~ I . where t) < V <A 



Thus the sign bit is tnvialK passed from input bit b^, straight through to output unary sign bit u... The remaining circuitry 
essentiallv implements an /»-l bit unipolar binary to unary encoder. Fig. 2 illustrates a trivial 1-bit unipolar binary to 
unary encoder, while Fig .> illustrates a 2-bit version and Fig. 4 a 3-bit version of unipolar binary to unan encoders. 

Fig. 5 illustrates a 3-bit offset binary to unary encoder 5. In tlus case there is do input sign-bit as such Instead, when 
the binary code is interpreted as a bipolar signal (offset binary code ). one has to define the code representing zero output 
sound pressure. For a 3-bii offset binary sy stem this is usually taken as code 01 1 : or I00 : . The table below shows how 
this would be encoded into unary signals, some representing positive pressure outputs and some negative pressure 
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outputs, where we have assumed code 100 : represents zero 
is also shown in the column labelled i/p: 



The decimal value ot the analogue input value represented 
negative outputs positive outputs 



i/p 


bit 2 


bit 1 


bitO 




opl 1 op2 


op 3 


op4 


op5 


op6 


op/ 
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0 
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1 
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3 
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1 


1 
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1 


1 


1 



In this truth table, i/p .s given » decun.1 and represents a b, polar input signal level, and bits 0 to 2 are the same thtng 
m bmarv The un«rv digit outputs op I ,o op4 will be used to drive negat.ve pressure transducers, whilst unary digrt 
outputs op5 to op7 wiH be used to dnve positive pressure transducers. As can be seen from the truth table, none of the 
negative pressure outputs opl to op4 are on (value 1 ) when any of the pos,tive pressure outputs op5 to op7 are on (value 
,) Thusu for exampk. opl was p«redwi.hop5. op2 with op6. and op3 wid, op7 . each pan- dnvmg the oppos.te sKles 
of a b,polar pressure transducer, then ,t w,U be seen that the transducers will properly produce positive or nega.rve 
pressure steps according to the code h, the uble. without mutual interference betw een the positive and negative outputs. 
I e anv one transducer will never be driven by a positive and a negative signal of v*lue=l sunultaneousK Thus the 
number of transducers remured may be approximately halved with respect to the c«e where e~h of the unary ouputs 
is used to drive a separate transducer. 

!n F,g 6 ra a, b< : ^howpa^ofour P utsfro m ^ e We T 5= m b. appbed ,o acoustic transducers 6 to prov.de bipolar 
drive and thus b.po.ar pressure wave output. As dosenbed above, op 1 ,s pa.red « ,.h o P 5 to dnvc one transducer, and 
op2 & op6 and ap3 & op7 are sumlarly p.u-ed. op4 can ether be used for un.po.ar dm e of an additional transducer 
7 or sunpb oo, used a, alL as no matching positive output signal « av.dab.e ,o pair ,« w,th This will always be me case 
when denvine unarv outputs from binary inputs because btnarv codes oecessanly represent an even number of levels 
(1U 1 powers of rwo, one of whkh w.tl be used to represent zero, leavnng an odd number which cannot be shared evenly 
between positive and negative levels So u, gener,.. w.th „-b,, offset binary mput. 2M unary d.gtt.l outputs w,U be 
denved bv the encoder, and one of these wtll be un-pairablc. leaving r-2 unarv signals. These will then be arranged mo 
2- - 1 pan. and applied to the same number of audio transducers, poss.blv via some transducer dnvtng ctrcu.try 

An alternauve to offset-binary » rwos-comp.emen, binary (commonly used in modern 4*ul computers for the 
representation of signed uttegers because of the ease of domg anthmetic w.th tins code,. The truth table for a twos- 
complement lo unary bipolar encoder is shown below 
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Fig. 7 shows a simple implementation of this truth table, and once again illustrates that the conversion can be achieved 
with just 2 levels of simple gates. The gates marked ni in Fig. 7 are simple non-inverting gales used to more equally 
balance the propagation delay between input and output of all the paths through the encoder. 



In a practical digital loudspeaker, one needs to encode possibly 8-bit binary or more The complexity of the encoder then 
increases considerably, at least in the sense that a large number of outputs have to be produced, and the number of gates 
increases accordingly Also the level of gating will increase if the individual gates themselves are to be kept as simple 
as possible It should be noted that the absolute total gate delay through the encoder is usually of no consequence if it 
is less than 1msec total Of some importance is the relative delay of the different input-tc-output paths, since in an ideal 
encoder, all outputs would change simultaneously Such a condition can be well approximated by keeping the level of 
e «tin g between input and each output the same. For example, it will be seen that in Fig. 7 . every path between input and 
output traverses precisely vo gates. Four gates, marked ni (non-inverting), have been used to provide this path-length 
matching and have no other logic function. 

It should be noted that all of the logic circuits given above for encoders can be optimised by the standard methods. The 
circuits presented arc for illustration only and do not attempt to minimize the number of gates used. 

As the extension to a bipolar encoder is trivial, as illustrated above, we shall consider unipolar encoders only, below 
The number of simple gates in a straightforward unipolar binary to unary encoder increases roughly exponentially with 
the number of bus of unipolar binary input to be encoded (number of simple gales - t/i-l ).2" for/i-bit unipolar binary >. 
so it is worthwhile looking at ways to reduce the complexity ol an encoding system The requirements oi the unipolar 
imarv encoding scheme are that A / unary outputs should be on when the digital input number represented has magnitude 
\f. Referring to Fig 8. consider an n-bit unipolar binary input decoder 8. where n is even The n input signals can be 
thought of as 2 sets of n/2 bits. The 2"-l outputs together with a virtual 0 output can be thought of as 2* : sets of 2* : 
outputs (note that 2* : x 2** = 2") The straightforward n-bit encoder will have order of (n-\\¥ gates. The scheme 
shown in Fig 9 uses two «/2 bit encoders 9 between which the n binary bits 1 1 are equally divided, and a Utile additional 
simple gating m the logic blocks 10 The logic blocks 10 in this example, of which only 4 out of a total of 2^ are shown. 
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each drive 2-M unarv outputs and have the same number of standard inputs, each of ub.ch turns on one output. In 
addition, each of the 2- tope blocks 10 ,s provided wfth an ALL tnput. wb,ch when turned ON. turns on all the outputs 
oflhe , ogle btock : in addttton there » an ENABLE mput. wh.cb must be rurned ON .. any o. the standard umuts ts to 
be able to run, oo ,ts correspond^ output. The 2-- 1 unary outputs from the upper encoder 9 are used ut add.non to 
the 2-- . outputs from each of the 2- log.c Mocks 10 m the re.ame pos.uons sbo.n ,u Fig. 9 Taken .ogether Ous 
results in 

2---1 + <2"M).<2* , >-2"-l 

outputs m total as requued for an *-b« umpoi-r buury to unary encoder. Each of the nil b„ encoders 9 has order of <„/2 
-1) 2"* gates, so two of ihero will have h«/2 -1 >.2" : " gates This can be very much less than the number of gates u> an 
„-bn encoder l or example. u „= 10 (a reasonable value for goodsound qualm >. then 1 > 2" = ^216 ,s .he approxunate 
of ga*s for me standard .O-btt un«> encoder. uhen«s <n/2 -1) 2- ' = 4 2" = 256 ,s the approximate number 
of ptes for a sundml 5-brt unarv encoder, a pa* men requinng only 5 1 2 gates wh.cb .s very much less than 9216 Thus 
,fae cos. of the encoder f.bncated tn th* manner can be much reduced as „ ts much sunpler and uses muluples of me 
wnc device (u. tlus example, two of the nil b,t encoders) Tlus decompostt.on scheme ,s not umtted to the „ to <n 2 
■>) scheme described here for dlustration. One can spltt up the tnpu. b.ts »«, groups u, many other ways and still 
^ arvmes m the number of gates and the overal. complex* For example, a mu.up.e of 3 .men one could 

sput me „ utput bus mK> 3 groups of n/3. (e.g. u » = 1 2. «nen mstead of a sutgle encoder W ,U, order of ( 12-1 > 2'- = 45056 
^ one could use three 4-btt encoders) and m genera!, when * ,s a mult.ple of k. then the tnpu. bus can be spin mto 
k groups of n/k. 

Fig 10 shows an « mpu, logic block 10. contauung extra g.ung to prov.de the Al l. and the ENABLE funcuons. 
Approxnn^h Vn snnple g«es are required for an m mput lope block. The g.ung requtred ,s very sunp.e. and because 
muto ple such uuns are requuxd (for our example above where a .0-b„ b.an tnpu, ,> decomposed ut.o two groups of 
5-bits. one would need 32 (= 2') Logic blocks each with 32 outputs) then mm cos. much reduced 

A different scheme for unplemenung an «-b,t but«y to unary encoder ,s Ulustrated schem.ncaUy u, F.g 1 1 . where me 
„-b., buarv mpu, s.gnal 12 ,s app.ted v,a U,e bus controller .3 .o a common da.a and control bus 14. .o wb.eb are 

coated , ^o.V .denucai encoder submodu.es m,. m, » n. « .5. each w.th p encoded unary ouputs 

pouped as O, G. G. ... Ci, show, a, 16. Tne nature of the bus structure allows a vanable number of idenucl modules 
IS to be added to the bus 14 .o prov,de a xanab.e b,.-w,dth butary to unary eueodutg scheme In oper.Uon. the bus 
controller 13 uuaahses all the modules 15 vu the control and da.a bus .4 a, power-on or rose. tunc, g.v utg each of mem 
, umque add^s. After that UUte «M* butary data fed ut.o the bus controller a, 1 2 , passed « parallel to all me 
suba^duks 15. and dependmg on each module s address « uutt.hsed by me bus confer as described) the modtdes 15 
e«h decode a umque range of the of the ,,-bu butary mpu, s.gnal values m,o p unary output, for a total of p.. unary 
oun^s luooe mm^non. p » an ntteger power of 2. e ,p = V. and *e submodu.es ,5 are u.p.emen.ed shown 
m Fig .2 where me „-b,, binnrv mpu, da,, sec.on of bus 14 ,s seen to spht .mo W o groups of b.ts. 21 and 22. w.th 
poup 21 compnsmg me , tow order data bus and group 22 compnsmg me „-,- / htgh order data btts (excludmg me 
^ ^ bit) of the bus 14. The , tow order dau b.ts 2, « fed into a ,-b.t outpoUr bm^y to unary encoder 18 where 

/ 
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they ire converted into p output unary signals at 23 which in turn are connected to the um inputs of logic block 20. Logic 
block 20 acts as a switch between the p unary signals 23 at its input um and the p unary signals 16 at its output uoui, 
and is controlled by two input lines All and Enable. Lf the All input is on ( logic 1 ) then all p unary outputs 1 6 arc turned 
on. mdependent of all other inputs to block 20. li' the Enable input is on. then eacb of the p unary outputs 16 take on the 
stale of the corresponding one of the p unary inputs 23. providing a straight -thro ugh eating function f inally, if neither 
AUxxx Enable is on. then all p unary outputs 16 are turned off The »-</-/ high order data bits (excluding the data sign 
bit) 22 of the bus 14 are connected to a latch 17 and a magnitude comparator 19. The latch is controlled by signals from 
control block 25 which in turn connects to the data and control bus M via the bus signals 24. which serve to allow the 
bus controller 13 to load a unique value into each latch 17 at system initialisation time via a mechanism described below 
(and illustrated m Fig. 13 described later). In operation, after initialisation, the n-q-l bit value stored in lalcb 17 which 
is fed to input B of n-q-l bit magnitude comparator 19. is continuously compared to the value on the upper n-q-l data 
lines (excluding the sign bit) of the data and control bus 14 which is fed to input A of magnitude comparator 19. The 
A >B output of co mp arator 19 is connected to the All input of logic block 20 while thcA=B output of comparator 19 is 
"ntfftr^^ to the Enable input of block 20. The nctt effect of this circuitry- is that whenever the binary input data has a 
value less than the value held in the latch 17 (taking into account its bit significance) then none of the p unary outputs 
of a subraodulc 15 will be on. Whenever the binary input data has a value greater than the value held in the latch 17 
(taking into account its bit significance) then all of the p unary outputs of a block 15 will be on. Finally when the binary 
input data has a value equal to the value held in the latch 17 (taking into account its bit significance) then the remaining 
q low order bits will be encoded into p unary outputs by encoder 18. If r such sub modules 15 are connected in parallel 
to the bus 14 each programmed with a different value in their respective latches 17 then die whole assembly will 
completely encode the n-bit binary input value onto the p. r unary output lines as required. This configuration has die 
virtues of simplicity, modularity, and easy extensibility to greater numbers of identical modules 15 and greater numbers 
of input bits /t. 

Fig. 13 illustrates a general method of allowing the mterconnection of multiple identical modules on a parallel bus 
structure and providing means of mdependendv controlling each of them, even though they contain no hardwired unique 
idenuilcauon codes In Fig. 13. 27 represents a data and/or control bus for connection to multiple modules in parallel. 
gimiUr to. e.g.. die data and control bus 14 in Fig 12. One of the lines in the bus 27 is shown separately as 26 and 32. 
and is broken at each module connection location on the bus as shown at 35 The end of the bus in the direction of the 
bus controller (e.g. 13 in Fig. 1 2) is shown as 33 and the control line 26 from that direction is connected to die D input 
of a standard D-rvpe flip-flop 30 whose O output is connected so as to drive die line 32 of die bus away from die bus 
controller, and towards the next module on me bus. The flip-flop 30 s clock and reset control inputs are connected to 
suitable bus control unes as shown as shown at 29 and 28. Whenev er line 31 in a module is at logic I . that module will 
respond to programming information on the bus lines 27. (because of other circuitry in die module, not shown, but 
controlled by line 31 K but will otherw ise ignore it. In operation, to control separately and uniquely all of the modules 
on the bus 27. each with control circuitry as shown in Fig. 13. the bus controller ( not shown in Fig. 13) first issues a reset 
signal on the line 28 which clears die flip-flops 30 in every module. after which it places a logical high on the Din line 
26 which connects only to die first module on die bus. The bus controller then issues a single clock pulse on the clock 
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T T - . al , ^res, clocks* a log.c0 A. tlus pou,. the bus conUoUcr places , .og,c 0 on ,hc D», control 

where flexible programmabtlity is desired. 

— ^ for the transfer function of ihe transducers 4. so as lo maintain an 

----- rrr;irrrrrrr:rr^ 

selected standard logic components 

. f«m, 36 37 38 39. 40 as a funct.on of tune along the horizontal axis 36 represents 
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To a first approximation, the transducer diaphragm must move with constant velocity to produce constant pressure, and 



time tor a transducer to produce the pressure profile shown in 36. We make the simplifying assumption here, that is 



to the force produced on the transducer diaphragm. Kor a transducer where the dominant reaction force on the diaphragm 
is resistive or viscous due to the resistance of the air being moved in the production of sound, then waveform 37 (which 
is substantially the same as 36 apart from perhaps scale) represents a suitable force-time profile to achieve the desired 
pressure waveshape in 36. and in rum is also a suitable electrical drive waveshape, so essentially no pulse shaping is 
required in this case: For a transducer where the dominant reaction force on the diaphragm is a restoring force 
proportional to the deflection of the diaphragm, as might be produced by a diaphragm suspension, then uaveform 38 
represents a suitable force-time profile to achieve the desired pressure waveshape in 36. where it will be seen to consist 
of constant ramp rate sections between A and B. and C and D. of opposite slope, and constant levels of zero slope 
elsewhere, since such constant ramp rates correspond to linear increases of force, and thus displacement' with time, 
resulting in approximately constant pressure output for these periods. For a transducer where the dominant reaction force 
on the diaphragm is inertia 1 due to the mass of the moving parts of the transducer and entrained air. then waveform 39 
represents a suitable force-time profile to achieve the desired pressure waveshape in 36. where at time .-I a short duration 
positive driving force terminating at time A ' is produced to give a positive impulse of momentum to the transducer's 
moving mass, after which the mass coasts at approximately constant positive velocity unttl time B, where it is given a 
short negative impulse until time B' to bring it quickly to rest again, whereafter at time C a further short negative impulse 
is given until time C to give the moving mass a negative impulse of momentum, followed by a further coasting period 
at substantially constant negative velocity until time D at which a short positive impulse until tune D' is applied once 
more bringing the moving mass to rest. For a transducer with mixed dynamics where the dominant forces are some 
combmauoQ of the three identified above, a composite drive w aveform, an example of w hich is shown at 40. comprising 
some suitable linear combination of 37, 38 and 39 may be applied to produce square* form acoustic pulse pressure output 
as required. 

Waveform 37 ma> be produced with high electrical efficiency in a standard pulse amplifier Waveform 38 may also be 
produced with high electrical efficiency by means of pulse-w idlb-modulation ( PWM ) of a suitably high frequency pulse 
waveform in the following manner. Fig. 1 5 illustrates a novel digital pulse width modulation ramp generator, comprising 
a high frequency clock generator 41. which feeds into the clock input of a A-bit binary counter 42 with parallel binary 
output OR at 52 which in turn feeds into one of the two parallel binary inputs [B in this case) of a k-bi\ binary magnitude 
comparator 43 There is also a digital divider 44 connected to the clock 41. the output d of 44 shown as 51 being 
connected to one of two inputs of an AND- gate 45. The unary signal U n shown at 47 which is to be shaped as a ramp 
as shown for example at 38 in Fig. 14. is connected to the other input of the AND gate 45 with the result that whenever 
U n is at logic one. clock pulses from d of divider 44 issue from the output of the AND gate 45 from where they are 
connected to the clock input of A-bit binary up/down counter 46. and otherwise the output of the AND gate is at logic 
low . Up/down counter 46 has its up/down control input connected to the sign-bit (or unary sign signal) of the digital 
loudspeaker circuitry and determines whether counter 46 will count up when a clock pulse arrives at its input, or count 



zero velocity to produce zero pressure, and therefore waveform 37 is illustrative of die required velocity profile with 



generalfv true tor common transducers, that the input drive voltage or current waveform to die transducer corresponds 
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4t mn . lo ^ ^ counter to half full count when activated (e.g. tf A were eq«ul 

^t^^^o— ; , ^ iillllllMbffllI> , to ., mfhl .^ 1 o^ 

,o 10. so that 46 had a maximum count ot 1023, _ ^ ^ 

. sii -oilinUlK)«ndis«mnectedtoa n extcraaUignalft« ; .ho« 1 .aw *» 

""""^i! 0 h b " ntrol er 13 at svstcm initialisation tune, or possibly at other times when the desired output signal 
^^un^outputU^w,^.^ P ^ 

time <,e after a K„ ^ has been - - 49 ^ , u ,. hlt ranfc wi * pen* P = 2-/ 

^/is the frequency of d.ptal clock 41. an * m ^- sp «ce ratio of 

. n rf half at lottic high This output 50 therefore na» penou r 
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A oommoo requirement of PWM systems is a low pass filter system lo reduce the high frequency switching noise in the 



clock rate is to the highest modulation frequency required to be reproduced in the low pass filtered output. A method, 
which uses no extra components, of maximizing this frequency ratio for a PWM generator of the kind illustrated in Fig. 
15 is now described. Fig. 16 shows in some more detail the conventional method of interconnecting the mo counters 

42 and 46 to the magnitude comparator 43. where tl will be seen that the least significant bit outputs of the counters 46 
and 42 shown as q^ q f . q^ ... are connected lo the least significant bit inputs of the comparator 43 shown as !<> A,, A 2 . 
... and B 0 Bj> B y ... and the rest of the bits are connected in the same sequence right through to the most significant bits 
q^ connected to. \ kmt and # k ., This method of connection results in a PWM output waveform at 50 that has a pulse period 
of 2V/" where /is the clock frequency of counter 42 and k is the number of bits in thai counter As an example, for the 
simple case where A-3. and where the value (assumed static) represented by the output of counter 46 is 10 1 : = 5 i0 then 
Fig. 17 shows at 52 the expected waveform at output 50 with mark space ratio of 5:3. and at 51 the clock input signal 
to counter 42 and marks the counter 42's count state above each clock pulse as 0. 1, J 1 . ... 7, 0, etc.. Waveform 52 results 
because while counter 42 is in the fust frvc slates 0 to 4 its output is less than that of counter 46 assumed static at value 
5 in this example, and so the A B output of the comparator is at logic high for these states, after which it goes low for 
the rest of the counter 42's cycle. In the improved version of the circuit shown in Fig 1 8. it will be seen thai the bit order 
of the coimectioos between the bit outputs of counter 42 and the bit inputs of comparator 43 have been reversed so that 
the most significant output bit of the counter q M . t is now connected to the least significant bit input B 0 of comparator 43 
and this bit-order reversal is carried through for the other bit connections between these devices right through to q 0 
connected to The effect of this bit reversal is to alter the count sequence seen on the B, (0 t<ki inputs of comparator 

43 when viewed in the conventional bit order, w ith B 0 being the least significant bit of this comparator input. The actual 
count sequence seen for the previously given example (with k = 3. and where counter 46 has value 5 on its outputs) ts 
shown at 53 in Fig. 19 The resulting PWSf output from 50 in the modified circuit vhown at 54 in Fig 19. where it 
will be seen that whilst it still has the same required average mark-space ratio as the previous arrangement (shown at 
52 m Fig. 17) of 5:3. it oow consists of three cy cles during one period of counter 42 rather than just one. This is precisely 
the effect required to reduce the effort of low pass filtering. It w ill be apparent to those versed in the an that this novel 
technique of raising the effective pulse rate of the PWM output w aveform is gencralh applicable to all applications of 
pulse width modulation and is not rcstneicd to use in the digital loudspeaker invention presented here. Other rcordenngs 
of the bit connections between 42 and 43 than the one shown here are useful in this respect but it can be shown that the 
bit-reversal ordering gives the maximum number of outpui transitions over the hill range of PWM output states. In 
particular, the bit-reversed ordering produces an ouipul al 50 that transitions on each clock pulse to counter 42 when 
the counter 46 is at half-full count, which is the maximum possible output frequency from such a circuit, w ith 50% or 
1 : 1 mark-space ratio 

A digital method of producing a waveform of the type shown at 39 in Fig. 14. for die driving of mass-limited (inertia 
dominated) acoustic transducers is illustrated in Fig 20. where a unary input signal L'„ at 58 and the Sign signal drive 
the clock inputs C/k of a pair of flip-Hops 57 and 60 via a pair of exclusive-OR gates 59 and 62 and an inverter 64. in 
such a way* as to clock in a logic- 1 into the D input of one of the flip-flops on the leading edge of the L „ signal and into 



tinal output drive waveform. Such low pass filters are more complex and expensive lo construct, the closer the PWM 



SUBSTITUTE SHEET (RULE 26) 




PCT7GB96/00736 
WO 96/31086 

28 

the conl.gura ^ ^ ^ ^ |o ^ W1(h U,e 

flip-flop 60 bv the trailing (falling) edge. me leading «i« f „ nnlidrf 

tup-Uop i aI « (wh osc waveform .s shown schematically at 65 in rig. 2 1) wh.ch is applied 

ristne edges of the e oek signal Clock at 55 (whom, w a* ci 

g ^ L , p nfiiic: flio-flops 57 and 60. The nett effect of this conliguration is that when 

lh r OU d>antnveneT56.othereseiuip U tsfiotUi.n.pnop>. an 

, g oes h,«tb .sec H,, 2 . waveform 66> one of the flip Hop outputs goes b.gb and ,s then reset to rt haU a lo^c. 
t . goes gb ,~ o(her outpu( ?oes ^ for half a cyclc 0 , ( /oc , 

Ip* which ts shown a, 69 in Hg 2 , This waveform ,s precise, of the form requtred. as shown a, 39 Hg 
dnve an tnerUa dominated acoustic transducer in order to produce clean acoustic pulses. 

Bec^^utofthed^ 

to be -20H/ to ~20Kliz. As these components are by definition inaudible to humans, it is possible to simply ignore 
canals, and „ may be necessary to reduce such emissions as much as possible 

One appro., * to place an .ecus* low-pass filter over the output transducer array to absorb such frequences directly 
ODe«pptoactoisiopiaccHi*^««- r ooKHz but which is practically 

at their pom, of generation. A materia, with a heavy sound absorption abosc 20KH* 
acoustically transparent below -20KH* w ill provide the required filtering 

ensuring that wen at the highest frequency ot operaiw 

zrrrr^^.------ — — 

loudspeaker should have less spunous high frequency content 
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This design of digital loudspeaker using unary code at the output transducers, ensures thai individual transducers will 
turn on and oflouJy once per cycle of sine wave output, independent of the resolution of the digital output, enabling this 
digital interpolation process to be carried out to any degree without increasing the specifications of the output transducers 
in terms of their frequency response. This independence is not the case if binary, ternary, or other number- ( greater than 
or equal to 2) -based digital coding is used. 



In this design of digital loudspeaker, the output sound is produced by an array of transducers acting together and in 
concert No individual transducer alone reproduces the desired output sound signal. It Ls therefore important that a human 
listener be placed in such a position that an integrated effect is heard from ail of the transducers equally, as far as is 
possible. If the transducers have finite si/c then they will necessarily be separated id space from oue another. 
Arrangements of transducers that minimize the path length differences between individual transducers and the listener 
therefore are desirable. For example, if there were 1024 (= 32 \ 32) transducers 70 as shown in Fig. 22. and if the 
transducers 70 were circular and say 30mm in diameter, then one possible arrangement would be to lay the transducers 
all out along a line. Even if the spacing between them was zero, the line of transducers would be 30 x 1024mm 
=-3 1 metre which in itself is already impractical. Therefore, (refer to Fig. 22) for the path length d from the middle 
transducers to the listener 71 at L to be no less than. say. 10% smaller than the path length h from the outer pair of 
transducers to the listener, it is necessary for the listener distance to the array d to be at least -32m For much closer than 
10% path length maichmg this listener distance increases proportionately. Clearly this is impractical for most (domestic) 
listening purposes. 

In order to minimize the least acceptable listening distance, it is therefore important to minimize the spatial extent of 
the transducer array. This can be done by laying out the transducers 70 in as tight a two dimensional arrangement as 
possible, and regular circular, hexagonal and square array shapes are close to optimum from this perspective. For the 
example above, if a square array of 1024 30mm diameter transducers 70 was laid out as per Fig. 23. then the array 
becomes 960mm wide by 960mm high (i.e. 32 times shorter than the Linear array sketched in Fig. 22. and the 
corresponding listening distance falls from 32m to -1m which is much more practical. 



A second way to minimis e the extent of the array of a given number of transducers. Ls to make the transducers 
themselves smaller across their aperture. For example, for the array shown in Fig. 23. if the transducers 70 were 3mm 
across then* aperture instead of 30mm. then the array of 32 \ 32 transducers could be made as small as 96mm square, 
and the minimum listening distance according to the same criterion as described above, would fall to I Ocm. 

So. compact two-dimensional arrays oi small transducers are best for listening from practical distances. 

If the transducers themselves are thin, front to back, then the array size can be reduced even further by producing a 
multi-layered three dimensional arrangement of transducers where a front two-dimeasional array of transducers is 
placed over one or more further two-dimensional arrays of transducers behind it. with the sound from the rear arrays 
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passu* throuah gaps between the front arrays, or through holes ,n the transducers themselves. If the transducers are 
necessanh ctrcular tfor example, because of then- method of constructs), then an> regular array of ctrcular devtces 
neoessanh gaps m ,,. as circles of one s,ze do not tessella.e. This mult-layered two dtmeus.on.1 arrangement then 
beeves anracave. and allows . very compact array to be constructed, even when usuig a large number of tr ansducers. 
S*ggenng successrve rwo dimensional arra> s allow s the centres of the rear transducers to align w.th the censes of the 
gaps or holes « the front transducer arrays Fig. 24 showing a side view and Fig. 25 showing a front v,ew of such a 
ttwS eKlnncns™»l arrav of wnsducers illustrates these principles. In order to synchrony the sound pulses rccetved by 
the listener from the different layers m the third dimension. ,t may be desirable to add differential digital delay to the 
signals tn each layer to compensate for their different distances from the listener (see below). 

Bemuse unarv dignd code has no particular posmoual sigmlkance. w e are free to connect the unary digital outputs from 
^ tninsducer drivers, to transducers in the «mry(s) m any spatial manner suitable. As qu,eter sounds will be reproduced 
wnhsmalkrwul numbers of .r.^ducersacuve than louder sounds, it is optimal to keep transducers related to adjacent 
inpu, ^ levels. pnvsx*uy adjacent in me output transducer array In this marker, the overdl sac of the sound source 
is kept ^compact as possible al all sound output levels. Furthermore, if the geomelnc centre of the group of transducers 
used to reproduce anv parbcular sound leveL is kept as close to the geometric centre of the w hole array as possible, then 
the apparent sound source position w ill appear to move the least w.tb changes ui reproduced sound level. Thus, good 
paemsoi interconnection of transducers to transducer drivers, include tight spirals centred on .be geometnc centre of 
the arm (w.th the obvu>us extension to three dimensions if a mult.-layered array ,s used). F.g. 26 illustrates dm 
principle for the special case of a hexa gomn rwo dniiensiona. array of circular transducers l te extension 
and other regular two-dimensional and three-dimensional array structures is straightforward. 

in order for the USener s h«nng svsuan (ear & bram) to be able to properly uitegrate me array of pulses from the digiul 
toudj ^ so .storeconsm^«te 

output arrav arrrve w,tb the correct time relationship (i.e. a. the s*ne relative tunes as the parts of the original input 
^tnev represent) As die transducer array is distributed in space in rwo or three dimensions, a ustener not placed 
a verv bog wax from die loudspeaker w ill hear the different sound pulses a, tunes affected by tbeir s P .,,.« positions u, 
,he arrav Th.s ,s illustrated in F.g 27 where a l.s.ener ,s on the left at L and a nac or three dimensional array (draw, 
schem.uc.lK ui cross section) ,s at the ngh, w,th just a few ( T ,. 1 , T,. T, T J of many transducers show,. 1, w* be 

seen that all the transducers T,(i=l M ui general are at un.que distances D - «/. from I- where D , the distance to die 

oeares, transducer to ... shown for sample at T . in Kig. 27 The ,uue of amva. ,. o, pu.ses a, 1. emitted sunu.taneo.sly 
(rom all transducer* 1 a, ume , be = , - , / w ,„V , where , the ve.oc,, of -ound,. wh.ch m genera. ,s different 
for every transducer 

1, * possible to comp.ete.v correct for thus undesirable effect, for any one given listener pos.uon L. and approxuna.ely 
com* for a w*e nmge of listener positions, by adding differcuua. digital tunc de.a> to the signals to each t»nsduccr 
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Fig. 28 illustrates bow this is achieved:- \ unary signals from the encoder are led in al the left each to a separate digital 
delay line 73 producing delays t,. t : . ... I A * chosen such lhat> 

t^t^^D + d/fc. where = {D+J SVLX )/c and d xux is the maximum value oi'J r and \ is the appropriate value of delay 
for transducer T, at distance D+d, from U. As the signals to each transducer are one- bit or unary digital signals, delay 
devices can be very simple (e.g. a I bit wide shift register, or suitably addressed RAM storage elements). The 
arrangeraeul of the delays is such that the transducers closest to the listening position are delayed the most, and those 
furthest trora il the least, or not at alL so as to give the sound from the distant transducers a head-start 1 , lu practice, the 
delay applied would be quantised to the nearest integral multiple of a suitable delay time (e.g. 5ns. for maximum 10% 
error on a 20KI1/ output signal). Thus a digital delay system with a 200KJ1/ clock and variable length real or 
svnlhesiscd shiil registers in each transducer driver path would sull'ice. This could be integrated w iih the transducer drive 
electronics into an ASIC (Application Specific Integrated Circuit), and the actual pattern of delays required for a 
particular transducer and listener-geometry programmed into the driver chip. This program could even be varied to suit 
different listening positions during use of the loudspeaker. This is illustrated in Fig. 29 where the .V unary coded inputs i 
arrive at the left at 77 and are fed into S programmable variable digital delay generators 76 with delays I,. t : ... to t^ each \ 
digital delav being controlled by a signal from the digital delay program store 78 which receives program delay 
information from input 75. The outputs of the delay generators 76 eventual ly drive transducers 74 as shown 
schematically The program delav information 75 can either be set up once before each use of the loudspeaker, or could 
alternatively be varied dynamically throughout the use of the speaker, and one application of this would be to track the 
listener's position relative to the loudspeaker and optimise the delay pattern t, to t v for his current position. 

The digital nature of the output transducers allows a method of volume level control that ensures that maximum signal 
resolution and maximum signal-to- noise ratio is attained al all levels of listening, with particular advantages al low 
listening levels. With a conventional (analogue) hi-fi amplifier, the system volume control is usually placed somewhere 
before the main power amplifier in the input-to-output path of the system. The effect of this is that the power amplifier 
itself is always operating al the same power-level regime (i.e. always capable of full power output) and more 
importantly, alway s produces the same absolute level n of self-generated spurious output ooise. When listening al hi ah 
levels, where the peak output power p is approached then the perceived signal-noise-ratio <snr) of the amplifier is p n. 
However, when listening at much reduced (and much more common domestic) listening levels, e.g. p I where / might 
typically be 100 <e.g. a listening level of 1 W electrical for a I00W electrical amplifier) then the perceived amplifier snr 
is {p/fyn. i.e. the snr is reduced bv the factor / This can bring the amplifier self-noise levels into prominence in a hi-fi 
system. The Dl Sallows at least two methods of volume reduction in the amplifier itself, right at the power genera I ion 
point so that noise and signal are reduced together, thus maintaining the inherent snr ol the DLS/ amplifier combination 

Method I ls lo supply the output pulse amplifiers from a variable power supply level, so that smaller pulse amplitudes 
are produced when a lower volume setting is used. To implement such a scheme, the power supply output voltage would 
be made to depend in some way. on the volume level setting chosen. In this case, output power ls proportional to the 
square of supply voltage, giving a wide power output range whilst keeping die supply level within operating limits of 
the pulse amplifiers. 
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a ,^ Hriv«^ so that whereas normally the transducers would 

-nMhnr . i lowevcr. apart from limitations caused b> tbu Imiu. n*. au 
driver output pulse ampuuers. wis racuwi 
digitally 

_ jbove fw volume ^o. and low-level Ustening ao.se reducuon. can also be used to reduce the 

The method de^nbed ,bove for volume u>u „ , he effectrvc resolution of the sound output The method 

i —*~«r transducers needed in a DLS without reducing the effective rejourn 
total number of transducers on»» . . ■ leve i 0 j (he input signal. 

Tta , - — - — »-~^ rjii— — 

fc « *. * » . in. -»» «-y - -> " * ao ^ fc tow ^ 

_ ^ - - . - - ^ ^trJ : — - - - - 

.ecu,,,, cv» »h» -«*»*«** —« » to * "*> m " C " IO>, ' ,, | av „ mc ,„„. The .borne „,„ 

.u --h^ Here an D-btt binary input signal 88 is to be 

• . i . ~„ . h.H*-cvclc ol the inpui sienal at its lo*e>t lrequcnc> ^ e 
M at 79 eapab.e of stonng a, ^ on. hail .>cW P ^ ^ x ^ ^ ^ ^ 

dB ^ teW f«>*-«-^-|^^ v ^ , ^ rfBrt , Ihev8lueinl hc m .«mun, value latch 

„. . , tlhe eodof each input half cycle At this point, the Nalueinwema 

d^ZatSlprov^asignalatu^ecndole. p c dipul mput ^ples yet to be 
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be read out of 79 and reproduced by the loudspeaker whilst new values for the next half cycle are being stored. At the 
end of the half cycle, then, the value in 86 is latched into the aumber-of-bits register B at 84. which outputs an integer 
in the range 0 to n*tn (where m<n as before). This number is used to select the power level to be used by the output 
transducer drivers 83 for the half cycle (which may be controlled by a pulse width modulation technique, or a supply 
voltage variation technique, or both in combination, as described previously) It is also used to select which of the 
imgiyywi input bits 0 to o-2 will be passed from the buffer 79 to the binary to unary encoder U at 82. This selection is 
done by an nvbit wide, n-m way selector block S at 80. which takes its digital signal input from buffer 79 (n bits wide) 
and 9ends rn of those bits onto the unary encoder 82. Which bits it selects are determined by the signal from register 84. 
It alway s selects an adjacent group of bits, in bits wide, with the lowest output bit selected being in the range bit 0 to bit 
n*m. and the highest output bit selected being in the range m- 1 lo n-2. bit n- 1 being the sign bit in this example. 

Typical savings provided by this technique are: for a 16-bit audio digital signal and a 10-bit digital loudspeaker provided 
with the floating point bit representation system just discussed, the digital loudspeaker would require only 1023 
transducers and drivers to reproduce sounds to 10 bit (unipolar) precision over a 16-bit dynamic range, as compared 
to a 16-bit DLS which would require 32767 transducers - i.e. a saving of over 3 1 .000 transducers. Thus, this technique 
makes practicable the construction of unary -based digital loudspeakers with very high dynamic range and adequate 
precision, at relatively low cost. 

A specific embodiment of the invention incorporating many of the features described above will now be described by 
way of example with reference to Fig. 3 1 in which a digital input signal consisting of n binary bits is applied to input 
buffer 1. with an optional analogue input at 92 connected to analogue to digital converter 90. producing p binary output 
bits where p ^ ». the outputs of the buffer 1 and converter 90 being connected to the inputs of digital selector/mixer 89. 
which is controlled by input from a user at 96. Depending on the user input some combination of input signals is sent 
in n-bit binary form from mixer 89 to a digital interpolator 97 where the effective sampling rate of the input signal is 
opoonalh increased before the fi-bit data is passed to the signal delay store and magnitude detector 95 where the input 
signal is delayed for a time up to half the period of the lowest audio frequency to be reproduced, and where the peak 
magnitude of the delaved signal is determined whose value is used to produce control signals 91 and 93. The delayed 
n-bit binary signal data are then passed to an m-bit [n-nt ) way selector (where m n-l / controlled b> signal 91 . which 
emits m output binary (non-sign) bits connected to the input of binary -to-unary encoder 2. The sign bit is separately 
connected from aelav store 95 directly to encoder 2 as shown at 98. The effect of store 95 and selector 80 are to select 
up to m bits plus sien of the n-bit input signal in such a way that the m most significant adjacent non-sign bits with a 
leading I are con Lamed m the m-bit subset Encoder 2 converts the m binary bits and sign bit into V unary signals where 
Y = 2*' and \*here one of the Y unary signals is a sign or polarity signal. The Y unary signals are men fed to a variable 
length digital delay generator 76 controlled by delay programmer 78 w hose mode of operation may be modified by the 
user at 96. where the differential delay of the various V unary signals may be adjusied to compensate for transducer 4 
positions relative to listening position. The possibly delayed Y unary signals then pass through pulse shaper 88 which 
may modify the square profile input pulses (not the sign signal) to different pulse shapes appropriate to the type of 
transducers 4 used, after which the Y unary signals pass to the Y- 1 transducer drivers 3 which drive the Y- 1 transducers 
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4 .he ...tcr prov.dtng aeons.* pulses whtch tn combmauon eonst.tute the ou.pu. sound replaced TUc transducer 
dnvers 4 arc control bv , s.gna. from the power tod con.ol.er 94 which u. mm « con.ol.cd by an u,pu, .rom the 
ralgnirud e detec.or i. 95 and a.so by user utpu, which may .nc.ude volume .eve, selectton. H« ctTee, of*, coutro. 
SIgM . on dnvers 3 » ,o mod* the mean outpu, power dcuvcred ,o each of the ^sduccrs 4 when .cuva.cd by a pu.se 
jIgM L « *,* a » av the mean power .evel from the array of transducers 4 mav be vancd. » .he presence o. a fixed 
level input signal. 



^nS-i-Z^-^-^-- — n has appl,ca,,on " a " ,os,anccs wbcrc ^ ^ 

„c— hW reprcducuWmu^ands^ 

mclutllng tenons, record compac, d.sc and .ape players, music centres, hi-fi--* sound system pubbc 

address .stems, sound reutforcen.cn. systems, home theatres, cnenus. theatres, background mustc system, oands. 
portable sound reproduce equipment, in-car enterta.nn.en. systems, and tn mu.,arur,sed fonn « headphones. 

Thc-v-^of uusd^ta. » **~ M *+* 

^ a* to wer dstoruon reproduce: flatter form factor man most cabtnet-enc.oscd ana.ogue loudspeakers; greater 
due to dtgna. rather than analog e.ectrontcs: elmunaUon of requirement for *par.te .utear power ampuficr 
^ .ound reproduce system: bghter weight, greater porubiUty: easier manufacture to constat htgh oualtty 
^ ma. produce uxemoues may be appbed ,o the transducer array assemble higher efficiency and therefore 
lowCT power consumpt.cn and consequent .onger operate ,tmc from battery power sources: sca.ab.e design allows 
^g of required prectston .gam, cos, and complex,, ut a untform ^ as .ower mstoruon may be achieved 
sun pK. by the .ddmon of more components of identic., precision: produces essent.a.ty zero output no.se when utpu, 
signal is zero ( i.e. very high signal to noise rauo). 
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CLAIMS 

A loudspeaker comprising a plurality or substantially identical transducers each capable of converting an 
electrical signal into a sound wave, wherein the transducers are capable of being driven each independently 
of all the others by unary encoded signals representative of the sound to be produced by the loudspeaker. 

A loudspeaker comprising encoder means lor converting an input signal into a plurality of unary digital signals 
and a plurality of substantially identical transducers each operative to convert a corresponding one of the unary 
digital signals into a sound pulse so that the cumulative effect of the transducers is to produce an output sound 
representative of the input signal. 

A loudspeaker comprising encoder means for converting an input signal into a plurality of unary digital signals 
and pulse shaper means for converting the unary digital signals into a variety of square and non-square profile 
pulse signals appropriate to the type of transducers used the pulse-shape being chosen such that the output 
acousbc pulse from the transducer when driven with said pulse-shape is approximately square in profile, and 
a plurality of substantially identical transducers each operative to convert a corresponding one of the pulse- 
shaped unary signals into a sound pulse so that the cumulative elTcct of the transducers is to produce an output 
sound representative of the input signal. 

A loudspeaker as claimed in Claim 1 or Claim 2 or Claim 3. wherein each transducer is bipolar and thus able 
to produce both positive and negative acoustic pressure pulses dependent upon the polarity significance of the 
unary signal applied. 

A loudspeaker as claimed in any preceding claim, wherein the transducers are arranged in a two dimensional 
array , or a three dimensional array with gaps in between transducers to allow sound energy from all transducers 
to pass lo the loudspeaker listening area. 

A loudspeaker as claimed in any preceding claim, wherein delay means arc provided between the loudspeaker 
mput signal and each acoustic output transducer in order that the tune ol arrival of acoustic pulses from each 
transducer may be independently adjusted either statically or dynamically in order to optimise some one or 
more parameters of the loudspeaker behaviour, including the simultaneity of arrival at the position of a listener 
of correlated signals from the transducers. 

A loudspeaker as claimed in any preceding claim, wherein the previous!} described transducers are each 
replaced bv a pair triplet quadruplet or other multiple grouping all members of the group being connected to 
the same unarv digital drive signal, and positioned physically such that the geometric centre of each multiple 
grouping of transducers is as close to a common point as possible, in such a way as to minimise the apparent 
spatial distribution of the sound source as perceived by a listener to the loudspeaker, symmetric placing 
arrangements of transducers in each multiple grouping being preferable. 
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Ad encoder means for convening a digital input signal comprised of// input digits into a plurality of unary 
signals, built in a modular manner from a number k of identical sub-cocoders each capable of encoding n k 
input digits all connected to a common input signal and control bus and programmable so as each to respond 
to and encode to unary a certain unique range of input digital signals so as to encode the entire n input digits 
of the input signal when all acting in concert. 

A structure capable of allowing a number of identical modules all connected to a common bus wherein certain 
tine or lines of the bus are daisy* chained through the modules and where a bus controller means is situated at 
one cod of the bus structure, and where tlip-flops incorporated for the purpose in each module arc so 
interconnected by the common and daisy chained bus structures as to effectively form a serial input shift 
register with the bus controller situated at the input end of the shift register so formed, and w herein a single 
pulse from the bus controller may be shifted through the modules in sequence and one at a time by means of 
a common clock signal impressed on the bus by the bus controller and readable by all modules, and wherein 
the modules are so constructed such that when the pulse in the shift register is within a module? that module will 
respond to programming signals av ailable to it on (he bus from the bus controller logic and not othcnveise. and 
in this way the bus controller may provide unique programming information to each and even module on the 
bus nocwithstandmg the fact that the modules are logically identical and contain no unique hard-wired or pre- 
programmed unique address information, thus allowing completely standard unprogrammed modules to be 
added to the bus and yet be uniquely programmable and thereby distinguishable in function, and wherein an 
additional bus control signal may be connected only to the last module connected to the end of the bus that is 
furthest from the bus controller in such a way as to signal to the bus controller thai the single pulse inserted into 
the previously mentioned shift register has reached the last module on the bus in this way allowing the bus 
cootrolkr to determine the number of identical modules connected to the bus simply by counting the number 
of shift register clock pulses issued. 

A loudspeaker as claimed in am of the preceding Claims incorporating any of the encoding means claimed in 
any of the preceding Claims. 

A loudspeaker as claimed in any of the preceding Claims incorporating interpolating means for interpolating 
the digital input signals or analogue input signals alter conversion to digital signals, so as to increase the 
effective signal sampling rate and thereby reduce unwanted high frequency acoustic emission from the output 
transducers 

A loudspeaker as claimed in any of the preceding Claims incorporating mean-amplitude control of the acoustic 
ouput pulses from the transducers by gating them on and off with a high frequency digital waveform in addition 
to any unary and pulse-shaping modulation already present and in this way providing an effective volume 
control for the whole loudspeaker without reducing the effective number of transducers in use and thus 
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(he trailing edge of the unary input signal synchronization clock, such that the effective drive to the transducer 
is an impulse one half synchronization clock period wide al the start of the unary input signal whose polarity 
is controlled by the sign input signal and a second impulse of equal \wdih but opposite polarity at the end of 
the unary input signal pulse. 

A loudspeaker substantially as described herein w ith reference to Figures I -3 1 of the accompam tng drawing 
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